I. INTRODUCTION The emergence of digital mobile communications, the progressive setting of B-ISDN, and the traffic explosion on the Internet are three aspects of current network evolution. The ATM technique has been considered until now the most well-suited solution for broad-band services provision. Two drawbacks of the ATM technique are frequently mentioned. First, some fundamental aspects such as ATM network management are not yet finalized. Second, B-ISDN deployment implies huge investments in terms of infrastructures and equipment. In the field of mobile communications, two major technical approaches are in competition: TDMA and CDMA. At the present time, only narrow-band services are available over digital radio links. The Internet success is in great part due to its low cost for the end users. Because of recent advances in the field of voice and video coding and compression, multimedia services provision via the Internet becomes feasible. In that sense, the Internet technique may be considered as a cheap alternative to ATM, the other side of the coin being the lack of a quality of service (QoS) guarantee. For different reasons, it therefore appears that, at the present time, none of the above-mentioned techniques is really mature enough for an end-to-end broad-band service integration. Due to economical constraints, it is generally admitted that transient alternatives have to be found.
Because the development of broad-band networks is motivated before all by the end users' demand, access networks are considered by public carriers as a strategic domain in the very short term. Since 1990, several technologies and architectures have been under investigation for the local loop. The aim of this paper is to present the principles and the potentials of each of these options. During the 1980's, the telecommunications sector of the ITU (ITU-T) standardized the 155-and 622-Mb/s rates for B-ISDN access. Such throughputs require high capacity and reliable distribution networks based on optical fibers. Nowadays, under the ATM Forum, 1 such bit rates seem economically too ambitious. Several alternative solutions to pure ATM, such as ATM inverse multiplexing, confirm for the short term an evolution toward "low-bit-rate ATM." Thus, access rates going from 2 Mb/s (1.54 Mb/s) to 34 Mb/s (45 Mb/s) in Europe (and North America) should be sufficient in most cases in the local loop for the next ten years. On the other hand, concurrent access to Internet servers also requires more efficient access networks.
This paper aims to present a tutorial overview of the various options under investigation or about to appear on the market for a new access-networks generation. Globally, one may classify these options into four categories. Two of them rely on the reuse of existing infrastructures, based either on copper wire or on HFC trees. The two other categories assume the setting of new infrastructures based either on radio or on optical links. Section II of this paper is dedicated to high bit rate over twisted pair. We recall in a first step the main characteristics of copper wires in 1 The ATM Forum is a nonprofit international organization accelerating industry cooperation on ATM technology. the loop plant. The x-DSL techniques are then presented: HDSL, ADSL, and VDSL. In Section III, we describe the main objectives and principles of the various medium access control (MAC) protocols under study for HFC access networks. Section IV deals with WITL access networks. Several approaches in competition for WITL are presented: DECT, LMDS, WATM, and low earth orbit (LEO) satellite constellations. Section V concerns the FITL approach. Different architectures and techniques are considered according to the degree of penetration of the fiber toward the end user. The concepts of FTTC, FTTB, and FTTH are commented on. Of special interest are the SDH self-healing loop and the APON techniques. Fig. 1 illustrates the typical configuration of a POTS distribution cable in the loop plant. Such a cable groups several tens (50 or more) of twisted pairs. Each pair may be used to link an end user to the CO for full duplex analog voice transmission. A twisted pair is characterized by the diameter of its copper wire, 2 its twist length, and the way it is isolated (for instance, with polyethylene). The required bandwidth per voice channel being 4 kHz, some filters located at each end of the pairs limit their spectrum utilization to this value. To facilitate the connection of new subscribers, multiple bridge taps are frequently used along each pair when the distribution cable is laid on. A bridge tap consists of an unterminated section of UTP wiring connected in shunt to a twisted pair of a distribution cable. When a new end user is connected to the CO on one of the pairs, the other bridge taps of the same pair remain terminated by an open circuit. An isolated twisted homogenous pair may be represented by a succession of two-port passive circuits made of a resistance , inductance , capacitance , and susceptance . Let be the length of the line. If a sinusoidal voltage is applied at the input of the line, the voltage detected at the output of the line is given by (1) where is the propagation constant, is the radian frequency, is the attenuation, and is the phase distortion. The attenuation factor and the phase distortion factor depend on the signal frequency . For frequencies lower than 10 kHz and for frequencies greater than 300 kHz, and are proportional to the square root of . In reference to Shannon's theorem, an upper bound expressed in bits/second may be associated to the capacity of a transmission medium. Let be the limited bandwidth of the signal applied at the input of the line, and let be the power of the received signal at the output of the transmission medium. If stands for the power of the noise detected at the receiver, the value of is then given by (2) Typically, kHz and dB for a POTS twisted pair. The maximum theoretical capacity of such a pair is then about 40 kb/s.
II. HIGH BIT RATE OVER COPPER WIRE

A. Characteristics of Copper Wire in the Loop Plant
Several factors limit the achievable data rates over twisted pairs in the local loop [9] , [14] . A majority of these limiting factors have been widely investigated in the past: thermal noise, impedance impairments, cross talk, attenuation, and propagation speed distortion. Several models have been proposed in the literature to describe the statistical behavior of each of them (with the exception of impulse noise). At the opposite end, impulse noise due to loop make/break signals and ringing signals, which propagates on adjacent pairs in the distribution cable, is very difficult to predict and analyze. Its behavior is highly unpredictable in time, in frequency, and in amplitude. One only knows that its effect remains acceptable in the [0, 4 kHz] band and that statistically, 75% of observed impulse noise has a duration less than 500 s. 3 From practical experiments, it appears that besides impulse noise, cross talk, which is inherent to inductive coupling between adjacent pairs, is one of the most penalizing effects [2] , [3] . Two types of cross talk have been defined: NEXT and FEXT. The principle of NEXT is described by Fig. 2 . Let us consider two POTS subscribers and connected to adjacent pairs and , respectively. Pairs and belong to the same distribution cable and operate in full duplex transmission. A fraction of the power of the signal 3 This last characteristic will be reused in our presentation. sent by on pair is detected by in the reverse direction on pair . This fraction corresponds to the crosstalk noise between pairs and . In Fig. 2 , stands for the power of the signal received by from the CO when pair is the only one active. Fig. 3 illustrates the principle of FEXT. A fraction of the power sent by the CO on pair is detected by on pair . The effect of NEXT on data communication is more penalizing than that of FEXT. Indeed, unlike FEXT, NEXT does not experience the cable attenuation.
In [2] , approximate expressions of the SNR have been obtained when NEXT or FEXT are predominant. An evaluation of the channel capacity has been determined analytically for the worst case traffic scenario. Fig. 4 illustrates the value of in reference to (2) as a function of cable length, NEXT being predominant. One considers a 50-pair distribution cable in which 49 pairs interfere simultaneously with the reference pair. One notices that for cable lengths around 1000 and 3000 m, is about 30 and 3 Mb/s, respectively. This result underlines the current underuse of copper wires in the local loop.
B. Existing Infrastructure
1) Voice-Band Modems:
The advent of personal computers 20 years ago has motivated an increasing demand for long-haul data transmissions. This demand has been satisfied by means of low-cost modems on copper wires installed in the loop plant. Voice-band modems use the 4-kHz spectrum of analog voice channels. With the advances in electronics and echo cancellation, the performance of these modems has been improved regularly: 1200 b/s in the 1970's, 4800 b/s in the 1980's, and 9600 b/s in the 1990's. Nowadays, V34 voice-band modems [5] allow 33.6 kb/s data rates, which is very close to the theoretical Shannon's limit.
2) ISDN Basic Access: Narrow-band ISDN has been a first step toward voice/data integration. Requiring a digitalization of the subscriber line, ISDN basic access is at the origin of the DSL concept. Time division multiplexing (TDM) access is inherent to DSL. An ISDN basic access rate of 160 kb/s offers two 64-kb/s "B-channels" and a 16-kb/s "D-channel" to the user [22] , [24] . A single twisted pair is used between the CO and the customer premises equipment (CPE). An ISDN basic access requires a larger spectrum (80 kHz) than those used by voice-band modems (4 kHz). Several operations are carried out by the DSL modems installed at each end of the subscriber line: voice signal sampling, quantization, compression, and line coding. According to the Nyquist criteria, the 4-kHz voice bandwidth implies a sampling frequency of 8 kHz. Quantization of the samples introduces a quantization noise. A compression technique is used to insure a constant signal-to-quantization noise ratio. Europe and Japan on one hand, and the United States on the other, have adopted different compression laws: the law and the law, respectively. Several line codes have been investigated for ISDN modems [11] . The 2B1Q PAM associating a given voltage level to any two-bits combination has been standardized owing to its simplicity and its relative noise insensitivity. To facilitate DSL implementation, the concept of CSA has been introduced [19] . A CSA limits the length of the subscriber line according to the diameter of its copper wire. For instance, a CSA fixes an upper bound of around 2700 m for a 24-gauge cable. Neither repeaters nor load coils are necessary on such distances. The CSA concept also defines strong constraints on the length of bridge taps. Indeed, for specific frequencies, bridge taps may induce echo effects, which can result in a cutoff frequency for the transfer function of the loop. Several cutoff frequencies may be introduced by bridge taps: for instance, the first null occurs at the so-called quarter-wavelength frequency. The wavelength associated to this frequency is equal to four times the length of the bridge tap [3] .
3) Leased Lines: For professional use, data rate in the range of 1-2 Mb/s may be required. For instance, 512 kb/s or 2 Mb/s rates are necessary for access to frame relay networks. Such rates are not achievable by means of voice-band modems. For this kind of application, shorthaul leased lines have to be installed between the CPE and the nearest switch. Using an alternate mark inversion (AMI) line code, a T1 (1.54 Mb/s) or an E1 (2.048 Mb/s) requires a 1.5-MHz bandwidth. AMI is a ternary line code that reverses the polarity of a one (marking) from that of the previous mark that was transmitted. Its baud rate is then equal to its information rate [11] . This is why such leased lines are made of two unidirectional twisted pairs for which severe constraints must be satisfied. Until now, T1 or E1 leased lines have remained quite expensive for two reasons. They are dedicated permanently to a unique end user and they need civil engineering works. Upstream and downstream pairs must be placed in separate cables in order to limit the NEXT disturbance. Depending on the distance, repeaters must be used regularly along the lines. Because of these constraints, public carriers generally need several days to offer a leased line to a customer.
C. HDSL
HDSL is a simple updating of the ISDN DSL concept. HDSL aims to offer cost-effective T1 or E1 services on existing copper wires [17] . Recent advances in the fields of signal processing, echo cancellation, and modulation allow a considerable reduction in the bandwidth required by T1 or E1. According to the cable length, a bandwidth ranging 80-240 kHz is necessary for T1-HDSL, instead of the 1.5 MHz for classical T1 leased lines. The use of HDSL technology is limited to local loops respecting the CSA specifications. This implies a distance limited to 3600 m [4] . T1-HDSL and E1-HDSL access lines can operate on two or three twisted pairs in order to share by two or three the data rate on each of them. A single-line version of HDSL, called SDSL, supports T1 or E1 on distances under 3000 m. HDSL modems are placed at each end of the line, at the CO side, and at the subscriber side. Information to be sent is coded in 2B1Q. As is shown in Fig. 5 , this line code converts blocks of two consecutive signal bits into a single four-level pulse for transmission. Unlike AMI, the baud rate of 2B1Q is half of the information rate.
As shown in Fig. 6 , an HDSL modem is based on the same functional modules as a DSL modem. The main difference with the DSL modem is due to the better performance of very-large-scale-integration electronic chips, on which these modules are based. Because of full duplex transmission on each pair, a local echo phenomenon may occur (this local echo is sometimes called self-NEXT). As in DSL, an EC and a DFE are used to reduce the effect of this distortion [27] .
Before getting into service, the echo canceler tests the quality of the line [23] . For that purpose, it evaluates the received echo for different frequency bands of transmis- sion. During the operational phase, on the basis of this knowledge, the EC generates dynamically the estimated echo. Assuming a certain delay imposed to the received signal, the EC subtracts the echo from the received signal. The DFE is used to compensate ISI before decoding. To facilitate the operation of the DFE and of the EC, the transmitted and received sequences must be sufficiently independent. Some scramblers/descramblers are used for that purpose.
D. ADSL
The ADSL technique is an extension of HDSL. Unlike HDSL, ADSL deals with asymmetrical traffic for which the downstream flow is assumed to be greater than the upstream one [7] , [10] . This is typically the case for multimedia interactive services (VoD, teleshopping, entertainment, etc.) for which the end user accesses a server through the public network. The end user sends short request messages to the server. Depending on the required service, the server answers these requests with longer messages under the form of data files, digitized sounds, digitized fixed images, or video sequences. ADSL is a cost-effective way to offer multimedia services to the end user via the existing local loops. Fig. 7 shows how the local-loop bandwidth is used in ADSL.
We have seen in Section II-A that cross talk is one of the most limiting factors for digital transmission in the local loop. In ADSL, FEXT is the predominant cross talk, NEXT being avoided by separating the upstream and the downstream directions in the frequency domain. The ADSL technique exploits this characteristic to use the local-loop bandwidth in a judicious way. The lower part and the upper part of this bandwidth are used for the upstream and the downstream transmission, respectively. Because they are only sensitive to FEXT, downstream channels benefit from higher bit rates than the upstream channels. The [0, 4 kHz] band remains dedicated to POTS services. The band ranging 4-100 kHz is used for the upstream digital requests sent by the end user to the servers. Such a bandwidth allows upstream rates of up to 640 kb/s. The upper part of the spectrum going from 100 kHz to 1 MHz is dedicated to the downstream data sent by the servers to the end users. Compression techniques like MPEG-2 nowadays limit the video signal rate between 2 and 4 Mb/s. Thus, up to two MPEG-2 compressed video channels can be broadcasted to the end user in ADSL. Fig. 8 illustrates an ADSL access line.
A single twisted pair is used between the CO and the CPE, ADSL modems being located at each end of the line. Two types of line codes are proposed for ADSL modems: CAP and discrete multitone (DMT). The former has been developed and patented by AT&T [19] . The latter has been standardized by the American National Standard Institute and the European Telecommunication Standard Institute (ETSI) [38] .
1) CAP:
The CAP modulation for ADSL is a twodimensional pass-band transmission technique. It is closely related to 16-QAM [8] , [16] . Let be the bit duration. In 16-QAM, one associates to any sequence of 4 b to be transmitted at instant a symbol such as
The two-dimensional display of the set of the discrete values and is called a signal constellation. 4 Fig . 9 shows the 16-point constellation associated to the 16-CAP modulation. After the 16-CAP encoder, the symbols and are fed to two digital shaping filters. The outputs of these two filters (in-phase filter and quadrature filter) are subtracted. The result of this subtraction is passed through a digital-to-analog converter, followed by an interpolating low-pass filter before transmission.
The main originality of CAP-ADSL consists in giving an approximate square shape to the power spectrum density of the on-line signal. Such a shape allows one to limit the upper bound of the required bandwidth. The main drawback of CAP modulation is that it requires a very efficient amplitude and phase equalization at the receiver.
2) DMT: The DMT technique is an MCM. It uses simultaneously multiple contiguous data channels by means of 256 frequency carriers. Each of these channels of 4 kHz is digitized using the QAM technique. Modulation itself is carried out before transmission with fast Fourier transform (FFT) techniques. Fig. 10 describes the principle of DMT. Instead of using adaptive equalizers to compensate for variations in line attenuation, DMT adapts the bit rate of each channel to the SNR proper to the considered spectral domain. This assumes that the attenuation characteristics of the line have been evaluated during an initialization phase. Knowing that a maximum capacity of 15 b/Hz is achievable, the theoretical maximum capacity of DMT-ADSL is 15.36 Mb/s. Rate adaptation is obtained by using a specific size of QAM constellation in each channel [12] . DMT modulation is less sensitive to impulse noise than CAP modulation because a DMT symbol duration is much longer than a QAM or a CAP symbol duration. Unlike CAP modulation, one may assume with DMT modulation that each channel is ideal (constant attenuation and white Gaussian noise).
Because of its great flexibility in bandwidth utilization, DMT-ADSL is easily adaptable to a wide range of subscriber lines in 32-kb/s increments [7] . The term rate-adaptive ADSL (RADSL) is sometimes used for DMT-ADSL. A management tool implemented in the RADSL modems allows one to set the bit rate to the service profile required by the end user. The bit rate associated to each portion of the spectrum may thus vary according to the required BER. In the example given in Fig. 10 , one notices that DMT is insensitive to narrow-band noises. If the SNR is very bad in a given frequency band-for instance, because of a cutoff frequency due to a bridge tap-the considered channel may not be used at all for transmission.
3) Impact of Impulse Noise: Most of the ADSL modem manufacturers consider the impact of impulse noise as too penalizing in terms of BER. To reduce this drawback, a Reed-Solomon precoding is implemented in ADSL modems. In data transmission, a receiver detects isolated erroneous bits more easily than a burst of errors. Reed-Solomon precoding assumes an interleaving of the data flow before its transmission. ADSL modems use specific Reed-Solomon codes allowing detection and correction of erroneous bits in burst errors whose duration remains under 500 s. We have seen in Section II-A that a majority of impulse noises have a duration under this limit. The Reed-Solomon precoding may be applied to both the upstream and the downstream flows corresponding, for instance, to Internet or video traffic. Testbeds have shown that the interleaving operation requires up to 17 ms. Such a delay is unacceptable for real-time interactive video. This is why ADSL modems apply the Reed-Solomon coding only to nonreal-time traffic such as transmission control protocol/Internet protocol (TCP/IP) or user datagram protocol (UDP)/IP (such traffic may accept a buffering delay). Fig. 11 illustrates several possible network configurations including ADSL subscriber lines [7] , [13] , [44] . The ADSL Forum has specified the acronyms ATU-C and ATU-R, which stand for ADSL transmission unit at the central office side and the receiver side, respectively. The premises distribution network (PDN) represents the local-area network (LAN) configuration that may be used at the residential user to interconnect its various terminals (TV set, personal computer, etc.). The PDN also considers the possibility of offering a basic ISDN access. The technology to be used for the PDN (Ethernet LAN, ATM-LAN, etc.) is not yet specified by the ADSL Forum.
4) Possible Network Configurations:
E. VDSL
The VDSL technique is an extension of ADSL and is under study for standardization at ETSI [39] . Unlike ADSL, VDSL may operate either symmetrically or asymmetrically over either a single POTS subscriber line or a basic ISDN access line. The capacity of VDSL access is under study at the ADSL Forum. The following rates are considered for asymmetrical access: 12.96-55.2 Mb/s downstream and 1.6-2.3 Mb/s upstream. A symmetrical version of VDSL is also under study to operate at 19.2 Mb/s. According to the data rate, the length of the access line varies from 300 to 1500 m. Different kinds of PDN's (Ethernet LAN or an ATM-LAN, for instance) are considered to concentrate the traffic generated by terminal equipment in the upstream direction. As shown in Fig. 12 , VDSL is considered a costeffective solution for the last kilometer of FTTC access networks (see Section V-A). Knowing that in FTTC networks one assumes that the CPE's may generate native ATM traffic, VDSL is also designed to transport this kind of traffic. Similar to ADSL, the upstream and downstream data flows are separated in the frequency domain in VDSL, as shown in Fig. 13 . The lower part of the spectrum is dedicated to full duplex POTS and ISDN access (0-80 kHz). In the case of asymmetrical VDSL, the 300-700 MHz band is used for downstream data, whereas the frequencies over 1 MHz are used for the upstream data. 5 Like ADSL, Reed-Solomon precoding with bit interleaving is applied to nonreal-time traffic. Different line codes are under study for VDSL: CAP, DMT, and discrete wavelet multitone (DWMT). A version of CAP modulation using a 64-point constellation has been developed for very high bit rates 5 Frequencies greater than 30 MHz may interfere with amateur radio; this should limit the upper bound of the available spectrum. over UTP wiring [19] . MCM techniques like DMT and DWMT look more attractive than 64-CAP because they are less sensitive to narrow-band noises. Whereas DMT modems use FFT, DWMT modulation is based on the application of several wavelet filters. The DWMT technique is described and compared with DMT in [42] . Analytical methods underline the benefit of DWMT over DMT in terms of interchannel interference. Nevertheless, the hardware implementation of DWMT is not yet demonstrated.
F. Standardization Process and Experiments
In Table 1 , we summarize the existing standards in the domain of x-DSL techniques. In this table, the symbols "U" and "D" refer, respectively, to the upstream link and the downstream link. In some cases, like for HDSL, two standardized bit rates have been adopted according to the considered geographical region (Europe, Japan, United States). We mention at the bottom of the table a recent technique called K-56 [6] . The K-56 technique allows, in the best case, 56 and 48 kb/s in the downstream and upstream directions, respectively. Such bit rates should facilitate cost-effective access to Internet servers. The K-56 technique is based on a suppression of the quantization noise inherent to POTS subscriber lines. For that purpose, one uses a PAM modulation whose relative voltage levels follow the same distribution as the levels specified by the or compression laws. According to Shannon's formula (2), the maximum theoretical capacity of the line is then increased because the 30-dB SNR constraint is removed (see Section II-A). At the input of the CO, the received PAM signal is converted after sampling into the data stream. The K-56 technique requires that, after the CO in the upstream direction, no digital/analog/digital conversion occurs in the public network. The K-56 technique is currently under investigation by ITU-T Study Group 14.
Within the framework of European advanced communications technologies and services (ACTS) research programs, the BOURBON and AMUSE projects aim to validate the x-DSL equipment. These projects also have the objective to develop and experiment with the delivery of new services to the end users using the existing copper wire infrastructures. 
III. HFC ACCESS NETWORKS
HFC networks aim to update the range of offered services over existing CATV infrastructures [1] . Today, CATV networks are limited to analog video distribution. The major objective of HFC is to extend this service to VoD, telephony, and ATM-based services by offering full duplex data channels to the end users. Fig. 14 shows the typical configuration of an HFC network. A point-to-point optical fiber link is used between the CO and the center of the area to connect. 6 The two ends of this optical link are called the OLT and ONU. In the ONU, the downstream optical signal is converted into an electrical signal. This electrical signal is then modulated to be transmitted on a passive coaxial tree. The reverse conversions occur for the upstream traffic. Unlike x-DSL configurations, which are point to point, HFC is based on a point-to-multipoint configuration. The CPE located at the bottom of the tree has to share common sections of coaxial cable for its upstream transmissions. To manage such a concurrent access, HFC networks require a MAC protocol. According to the ATM Forum Residential Broad-Band Study Group requirements, up to 1200 CPE's may be connected to the same HFC tree. The IEEE standardization bodies should define in the near future a standardized MAC protocol for HFC networks under the 802.14 reference. The transmission technique to be adopted on the optical link is not in the scope of the standard [25] , [26] .
About 15 MAC protocols have been proposed for the IEEE 802.14 standard (ADAPt [36] , MLAP [35] , PCUP 6 Either a single full duplex optical fiber or two unidirectional fibers may be used. [45], etc.). This standard, based on a combination of TDM and frequency division multiplexing, recommends a spectrum allocation, a frame format, and CPE addressing, timing, and synchronization procedures.
7 Fig. 15 shows the spectrum utilization of an HFC network in the coaxial section. In the low part of this spectrum, one defines upstream data channels. The bit rate of each of these channels goes from 1 to 10 Mb/s using a quadrature phase shift keying modulation. Between 50 and 450 MHz, the analog video channels proper to existing CATV networks remain unchanged. This 400-MHz band may broadcast about 50 analog TV channels. The upper part of the spectrum defines 7 The final IEEE 802.14 standard is expected for the end of 1997. downstream simultaneous data channels. The maximum capacity of each of these downstream channels is 40 Mb/s using a 256-QAM modulation.
To prevent any interference in the frequency domain and any collision in the time domain on the common cable sections, a bandwidth manager is located at the head end of the tree (see Fig. 14) . The bandwidth manager decides first on which frequency channel a CPE transmission may occur. Then, for a given frequency channel, the bandwidth manager schedules in the time domain CPE transmissions. Globally, the CPE's transmissions are scheduled by means of a three-step process. In the first step, active CPE's send to the head end their bandwidth requirements in upstream frames. On the basis of the available bandwidth in the upstream direction, the head end decides on the structure of the next frame that will be generated by the CPE's. The second step of the process corresponds to the execution of a bandwidth-allocation algorithm at the head end. The third and last step of the process corresponds to the transmission of a downstream frame by the head end. This frame carries two types of information: data coming from the public network itself and the result of the bandwidthallocation algorithm. It is only after they have received this downstream frame that the CPE's know if they are allowed to transmit their data in the next upstream frame. The duration of a frame (upstream or downstream) may fluctuate according to the number of active connections on the HFC tree. This duration must be greater than or equal to a round-trip propagation delay between the head end and the most distant CPE. On the other hand, the frame duration has to be not too long in order to facilitate a real-time polling of the different CPE's. In the IEEE 802.14 specifications, a 2-ms average frame duration is recommended.
A. Upstream Transmission 1) Frame Format:
To satisfy various kinds of services, the data sent by the CPE's may be transmitted under various modes: circuit switching or packet switching. For most of the HFC MAC protocol proposals, an upstream frame is composed of two separated regions. One region is dedicated to circuit switching mode traffic by means of a synchronous time multiplexing (STM) access well suited to voice communications. The other region is dedicated to packet switching mode traffic. The boundary between these two regions is movable. Protocols such as ADAPt assume that data traffic is transported by means of ATM packets inserted in this second region. An ATM packet includes a pure ATM cell and overhead data dedicated to physical layer signaling. Thus, an upstream frame is made of a certain amount of time intervals. A time interval corresponds itself to a certain quantum in bytes. The second region of an upstream frame is made of a certain amount of ATM slots; each slot may transport an ATM packet. Two types of slots are considered: "contention" and "reserved."
The contention slots are used by short and urgent messages. Such messages are, for instance, remote-control key press for VoD. Upstream frames include a certain amount of contention slots, which may be accessed by means of a variant of the slotted Aloha protocol. As in slotted Aloha, a source knows if its contention ATM packet has been transmitted with success if it receives an explicit acknowledgment of this packet from the head end in the next downstream frame. The START-algorithm described in [35] is a good candidate for collision resolution on HFC networks. Compared to -persistent techniques, the START-algorithm offers better performance in terms of upper-bound access delay. For each collided slot in an upstream frame, slots are reserved for stations' retransmissions in the next upstream frame. If an upstream frame contains less contention slots than needed for resolving collisions, the concerned stations as the new active stations have to wait until enough contention slots become available. New active stations are allowed to access only contention slots that are not reserved for collision resolution by the START-algorithm.
The reserved slots are used by the other types of traffic, like variable-bit-rate ATM, constant-bit-rate ATM, or TCP/IP, for instance. In this case, a connection request is sent to the head end by means of a contention ATM packet. If the head end accepts the new connection, some slots will be "reserved" for the concerned CPE in the next upstream frame. By means of a piggy-backing technique, each upstream reserved slot may be used by a CPE to increase or decrease its allocated bandwidth. On the basis of these fluctuating demands, the head end fixes the amount of "reserved" slots for the successive upstream frames. A reserved slot in an upstream frame is dedicated to a given CPE. Access to reserved slots occurs then without any contention.
2) Synchronization: Because of distance disparity between the CPE's and the bandwidth manager, clock recovery procedures have to be carried out for the upstream traffic arriving at the head end. The head end has to tune its sampling clock for each block of information it receives from a different source. This is why a portion of the upstream frames remains unused. Some guard times separate the time intervals of the first region. They also separate the ATM packets of the second region. In addition, burst headers are included in an upstream frame in order to allow clock recovery at the head end. The guard time and the synchronization overhead are part of the ATM packet overhead. A field dedicated to FEC may be used in this same header.
3) Downstream Transmission: Like upstream frames, downstream frames include an STM region and an ATM packets region. A downstream frame generated by the head end carries traffic coming from the network and information generated by the head end itself. The ADAPt protocol groups data generated by the head end itself in a specific field of downstream frames called MAP (for mapping). The MAP field is made of a variable number of ATM slots in which the head end sends the acknowledgments and collision status to the active CPE's. Because a single transmitter is used in the downstream direction, no guard time is necessary between time intervals of the first region, nor between ATM packets of the second region. A unique synchronization field is used per each frame.
B. Conclusion
An HFC network is asymmetrical by nature, the downstream flow being much larger than the upstream one. Several HFC testbeds are under deployment within the framework of the ACTS AMUSE European project. An HFC network with 300 subscribers has been operational in Nakano, Japan, since 1996. The various candidates for the IEEE 802.14 HFC standard are under investigation at the National Institute for Standards and Technology in Gaithersburg, MA [40] .
IV. THE WITL OPTION
WITL, also called radio in the loop (RITL), interests more specifically new carriers in the very competitive world of multimedia telecommunications. Such carriers do not have their own infrastructure. WITL for them is then the most efficient and rapid way to offer new services. Numerous techniques have been proposed recently for WITL. These techniques are partially inspired by the existing digital radio telephony standards. Two variants exist in this domain: the cellular and the cordless system. The former allows a real mobility of the end user, which is not the case for the latter. Cellular systems like GSM or IS-95 are limited in terms of capacity. Cordless systems like DECT in Europe, personal handy phone system in Japan, and personal access communication systems in North America offer a wider service range but are limited in distance. Two main reasons make cordless systems better suited than cellular systems for RITL applications. First, mobility management is not among the required services for the local loop. Second, very sophisticated mechanisms have been developed for cellular systems to manage the fluctuating nature of the radio channel (interference, shadowing). Such phenomena can be solved easily in the context of cordless systems by means of an optimized antenna positioning [41] . Fig. 16 illustrates a typical configuration of a cordless system applied to a radio access. A cell associates a set of end users. Each end user communicates with a base station (BS) by means of a fixed antenna. The connection of the BS to the CO may be carried out by a passive coaxial tree or a passive optical tree. 
A. The DECT Standard
The DECT standard is based on the use of a specific MAC protocol called dynamic channel allocation [28] .
The maximum diameter of a cell varies between 100 m with omnidirectional antennas and 4 km with directional antennas. Unlike cellular systems, cordless systems such as DECT use directive antennas in the direction of the BS. A set of ten frequency carriers 1.7 MHz from each other is used in the 1880-1900 MHz range. On each of these carriers, multiple access is managed by means of a combination of TDMA and time division duplex (TDD). TDMA frames have a 10-ms duration and are divided into 12 slots, each corresponding to a voice channel. TDD is used to separate in the time domain upstream and downstream flows on the same frequency. Permanently, an end station compares the quality of the radio channels by sampling the signals it receives on the different frequencies. For a transmission, the best quality radio channel is chosen among those that are available. A cell can manage a traffic density of 10 000 erlang/km . In DECT, voice coders use the 32-kb/s adaptive digital pulse code modulation. As of 1997, DECT offers 480-kb/s full duplex data transfer and basic ISDN access. Confidentiality between the different users belonging to a same cell is obtained by means of cryptographic algorithms. One of the advantages of the DECT technology is its signaling compatibility with basic ISDN access and GSM.
B. The LMDS and MMDS Technologies
Two meanings are generally associated to the MMDS acronym: microwave multipoint distribution service or multipoint multichannel distribution systems. Like DECT, MMDS is based on the concept of cell and base station. Historically, the first MMDS systems appeared in the United States in the 1960's for the distribution of analog video programs. This original concept is nowadays very popular in other countries (Brazil, Iceland, Ireland, etc.). In the future, MMDS may satisfy digital video broadcasting and Internet access. The frequency band dedicated to MMDS systems varies according to the local regulations. In the United States, MMDS uses the 2.5-2.7 GHz and the 27.5-28.35 GHz bands. Some European countries (Great Britain, Germany, etc.) have adopted the 40.5-42.5 GHz band. Compared to DECT, with the MMDS frequency range being over 2 GHz, a direct visibility is necessary between the end user and the BS antennas. The size of an MMDS cell strongly depends on the frequency band used and on the shadowing environment (from 4 to 50 km) [18] .
The transition of MMDS systems toward digital video broadcasting assumes an MPEG-2 coding [20] . Two standardization processes exists in this domain: digital-videobroadcasting MMDS and DAVIC [21] . The former is essentially European, whereas the latter aims at a worldwide standardization. The digital MMDS line code is a 64-QAM with a Reed-Solomon error-correcting code. An 8-MHz MMDS channel offers, for instance, a 38-Mb/s unidirectional capacity. Recent developments allow an interactivity between the end users and the BS. Two solutions are looked at for the upstream channels. The first one uses a fraction of the available MMDS radio spectrum; the other one uses a regular telephone line over either copper wire or a cellular telephone system. Due to the limited capacity of such upstream channels, interactive digital MMDS seems well suited for VoD or Internet access.
LMDS is an extension of digital MMDS for radio broadband services provision in the local loop. Concurrent access in the upstream direction is managed by means of a CDMA technique [27] . For a given transmission, each sender is assigned a distinct waveform given by a pseudo-random pattern. This pattern corresponds to a sequence made of successive " 1" or " 1." If is the sequence associated to a bit , the sequence is associated to the bit . The sequence is used to modulate in binary phase shift keying the data flow generated by station before its transmission. The size of the sequence aims to spread the spectrum of the signal to transmit by each user all over the available bandwidth. One assumes a synchronization of sequence transmissions by the different stations. For a given bit duration, the pseudo-random sequences assigned to the various senders are chosen orthogonally. This means that the scalar product if is different from . The scalar product . A receiver is informed before the beginning of the transmission of the pseudo-random pattern used by the sender. For each bit duration, a receiver detects the summation of the simultaneous transmitted sequences. Receiver is only able to decode the data flow for which it is the destination by calculating the product . An ACTS European research project called Cellular Radio Access for Broadband Services is dedicated to this technology.
C. Wireless ATM
Two approaches are considered for nonwired broadband communications: wireless LAN's like HIPERLAN and the IEEE 802.11 wireless MAC protocol standard [46] . The ATM technique assumes a dynamic bandwidth allocation requiring means of communicating load and rate information between stations. Today, neither HIPERLAN nor the IEEE 802.11 standard offers this possibility. This is why a third approach based on a native ATM radio access is under study. In [43] , a WATM access protocol has been proposed for the local loop. In this case, picocells with radius of 100-500 m and TDD are adopted. The BS behaves as an extension of the ATM switch, able to manage bandwidth on demand in a compatible way with ATM traffic management specifications.
D. Satellite Access
The main advantage of satellite communication is its ubiquitous coverage. The advent of VSAT enables today an affordable digital access to satellite networks for private end users. Several projects like Iridium, Globalstar, or Teledesic soon will offer low-cost mobile telephone services [29] . Such projects rely upon the use of LEO satellite constellations. Rapidly, voice services offered by these kinds of networks could be extended to bidirectional voice-grade data communications. More ambitious projects are under investigation. They aim to offer wide-band access of a few megabits/s by means of a constellation of satellites, either geostationary or at low orbits.
E. Conclusion
Today, several types of WITL equipment inspired from the cordless systems (essentially based on DECT) are available on the market. These types of equipment allow digital telephone service and low-bit-rate data transfer (fax and voice-band modems). In reference to the current state of the technology, cordless systems are cost-effective solutions but remain very limited in terms of bandwidth capacity. An active research aims to reduce this drawback in the next years. It has been shown in [31] that WITL based on CDMA, like MMDS, offers a capacity about 2.5 times bigger than the capacity of TDMA systems like DECT. Compared to DECT, cell planning is very simple with MMDS or LDMS. Indeed, the same frequencies may be used in adjacent cells, which is not the case for the other techniques. Two types of markets are particularly targeted in this domain. First is the provision of a second telephone/data access in addition to the copper wire already installed. Second, WITL has known great success among the countries in the process of development, like those located in Eastern Europe or in the Far East. The provision of broad-band services in the local loop by means of WATM will need a few years before being mature.
V. THE FITL OPTION
A. The FTTC, FTTB, and FTTH Concepts
Optical fiber access networks are considered as the most promising alternative for broad-band services provision. During these last 20 years, several carriers have progressively installed optical fibers in the heart of their transport network to link their switches. Nowadays, different options are under investigation for introducing optical fiber in the local loop. The OLT and ONU refer to the physical ends of an optical distribution network. The OLT is located at the CO side. The ONU can be placed in the curb (FTTC), in the building (FTTB), or in the home (FTTH). Fig. 17 illustrates these three possible network configurations.
Each of these three configurations is based on the use of a passive optical tree, where the optical signal is naturally broadcasted from the CO to the end users. As will be detailed, passive optical trees need specific technologies to insure CPE synchronization and optical power ranging. Indeed, star coupling used in PON imposes strong constraints in terms of power budget. The consequence of such a constraint is a limitation to at most 64 ONU's at the end of the optical tree. Due to cost optimization, the CPE's located at the end of the passive tree use the same kind of laser diode to send their data in the upstream direction. Thus, a MAC technique must be defined to prevent any optical interference at the level of the common fiber section 8 [15] . Other alternative network configurations are being considered to bypass these difficulties. The active double star is one of those; it replaces the passive fiber splitting with an active multiplexer.
The choice between FTTC, FTTB, and FTTH should depend essentially on the unit cost per end user of the considered configuration. This cost itself depends on the density of customer premises in the area to connect to the CO. It also depends on the class of services the carrier plans to offer to the end users. For FTTC and FTTB, the last miles of the distribution network are based either on coaxial cable or on twisted pair. We have seen in Section II-E that the VDSL technique was well adapted to this kind of configuration. The DAVIC 1.0 specifications [32] recommend the combination of PON with VDSL for FTTC and FTTB.
B. SDH Self-Healing Loop for the Feeder Network
The deployment of optical fibers in the transport network has motivated the definition of the SDH. Compared to classical plesiochronous digital hierarchy (PDH), SDH has several objectives. First, it facilitates a much more sophisticated network management than PDH. The PDH overheads enable a simple point-to-point supervision of optical links (so-called "regenerator section"). SDH considers in addition to the regenerator section two other network management levels: the "multiplexer section" and the endto-end "optical path." The concept of telecommunication network management (TMN) has materialized with the advent of SDH.
The TMN tools facilitate a flexible and preventive network reconfiguration, when necessary, with the help of a set of statistics given by the three management levels mentioned just above [37] . This is why many carriers consider an adaptation of SDH to the feeder network, which interconnects the public switched network and the access network itself. The SDH self-healing loop [30] is the most cost-effective way to realize this adaptation. As shown in Fig. 18 , an SDH self-healing loop consists of a dual counter-rotating optical fiber ring on which ADM's are inserted. SDH frames may be inserted or extracted from the ring at each ADM. By convention, an ADM sends SDH data frames on both rings. At reception, an ADM compares permanently the two flows it receives on each ring and chooses the one for which the transmission quality is optimum. In case of a link failure along the dual ring, the medium duality prevents any transmission disruption.
C. The APON Systems
We have mentioned in Section V-A that concurrent access to a PON requires the use of a MAC protocol. In the 1990's, several telecommunications equipment manufacturers have worked on the development of such protocols able to support ATM-based services. The APON concept is a result of this research [33] . Typically, the downstream and upstream rates are 622 and 155 Mb/s, respectively. To manage full duplex transmission on the PON, the 1.5-and 1.3-wavelengths are used for the downstream and upstream directions, respectively. 9 Between 16 and 64 ONU's may be connected to a passive optical tree. The maximum range of an APON tree is about 10 km. An ONU is associated to several CPE's. End users generate ATM traffic, which is encapsulated in so-called APON packets. Physical-layer operation and maintenance (PLOAM) ATM cells are inserted periodically in the upstream flow by each ONU. 10 An APON packet associates to an ATM cell a 1-octet overhead. This overhead provides functions related to synchronization and network transport, like ONU identification.
Several difficulties must be solved at the physical-layer level of a PON access network. Because of distance disparity between the various ONU's and the OLT, APON packet collisions may occur on the common part of the tree. A ranging procedure evaluates the electronic delay to implement in each ONU to equalize propagation delays. A power ranging procedure must also be defined on account of the power disparity between successive APON packets. The OLT has to resynchronize its receive clock for each burst sent by a given user. An APON packet header includes guard time bits, power ranging bits, and clock phase alignment bits. In the downstream direction (see Fig. 19 ), the APON packets are broadcasted to all the ONU's. An encryption technique is used to manage confidentiality. Thus, a given ONU is able to decode only the APON packets that are addressed to it.
The APON MAC protocol is based on the allocation of transmission grants by a bandwidth manager located at the head of the tree. Each ONU informs the bandwidth manager of its transmission needs by means of requests. Several strategies have been investigated for the requests transmission by the ONU's. A first strategy consists of sharing "contention cells" in which each ONU may write its requests. Access to these contention cells is random and subject to collision. To prevent such contentions, another strategy uses a periodic polling of each ONU. In this case, dedicated cells are sent periodically to each ONU for its requests transmission. A third strategy uses a combination of piggy-backing with periodic polling. Once it has obtained a first grant by means of a periodic polling cell, an ONU uses the header of its data cells for sending its other requests.
Two options concerning bandwidth allocation are considered: ATM transparent or non-ATM transparent. The ATM transparent option assumes that bandwidth allocation 10 APON systems are designed to provide the same bandwidth efficiency as SDH. If an ONU is inactive, it generates ATM idle cells in PLOAM APON packets. PLOAM cells are used to control the quality of the optical transmission on the tree. is managed on the PON independently of ATM call admission control procedures. In this case, specific signaling information has to be defined at the level of APON packets. The non-ATM transparent option assumes that bandwidth allocation on the PON is deduced from the ATM traffic parameters, which are negotiated at the opening of a virtual circuit. In that case, the bandwidth manager may be seen as an extension of the ATM switch. Whatever the adopted option, the bandwidth manager schedules APON packet transmissions in the upstream direction in order to prevent any contention (see Fig. 20 ).
D. FITL Prospects
The combination of an SDH self-healing ring in the feeder network and PON's in the distribution network seems to many carriers a very promising solution. PON's are a cost-effective way to benefit from the large capacity of optical fibers. Compared to the solutions presented in the previous sections, PON's offer the highest degree of flexibility to accommodate present and future service demand. The APON is an original version of the PON concept, which will allow in the medium term end-to-end ATM. Several APON field trials are under deployment (in France, the United Kingdom, Bermuda, Belgium, etc.) for interactive multimedia service provision [34] . Extensions of the PON concept for a longer range and a higher capacity are under investigation by different manufacturers. These extensions, called SuperPON's, assume the use of a cascade of multiple passive splitters and optical amplifiers. A Super-PON may cover a 100-km range with about 2048 ONU's. The downstream and upstream data rates are 2.4 Gb/s and 311 Mb/s, respectively [47] . Some projects propose to use wavelength division multiplexing to increase the PON capacity considerably. European research programs like WOTAN, TOBASCO, and PLANET are dedicated to this topic. A group of seven telecommunications carriers (France Telecom, British Telecom, Nippon Telegraph and Telephone, etc.) attempt to harmonize their research in the domain of FITL.
VI. CONCLUSION
In the field of networking, the deployment of broadband integrated services is the major challenge for the next decade. The ATM technique has been considered until now as the most flexible and best performing solution for such a service integration. Nevertheless, key aspects of ATM are not yet fully finalized, such as intelligent network management or traffic management. In recent years, other alternatives based on the Internet technique have looked like possible alternatives to ATM. Whatever the adopted approach, the provision of integrated broad-band services requires a new generation of end-to-end digitized access networks. In this paper, we have tried to present and compare in a synthetic way the various options envisaged for the local loop. Since they represent a huge investment, the choice of a technical and architectural option for the local loop is of strategic importance for the carriers.
Because of economical constraints, solutions allowing the reuse of the existing infrastructures deserve a special interest, at least for the short term. Fig. 21 recalls the various possible options for the local loop that have been presented in this paper. For that purpose, two criteria are considered: the date of maturity and the potential capacity of the considered technique. The figures mentioned on the -axis and the -axis of this figure do not pretend to be absolute values. They simply aim to give a synthetic view of the domain.
For the best performing solutions, a traffic asymmetry is often considered. Knowing that about 650 million analog copper wires are already installed all over the world, solutions based on the existing copper wires in the loop plant seem to be of a particular interest for the short term. The HFC technology will soon facilitate an increase economically in the performance of existing CATV distribution networks. The main advantage of the WITL option is its limited cost because of the flexibility and facility of its deployment. Nevertheless, the capacity of WITL systems remains very limited facing the broad-band service requirements. In this domain, we have seen that cordless systems are better suited than cellular systems for the local loop. The FITL option appears to be the most promising. A combination of a self-healing SDH loop for the feeder plant with an APON fiber-based local loop should be a mature solution in the medium term. SDH loops offer a high degree of reliability, whereas APON's are a costeffective and almost mature technique. Their association should allow a smooth migration toward pure end-to-end ATM in the next ten years.
